(19) 0*H#?FJf (J P) (12) Q §fj fft ^ $g (A) (ll)^WFmS^W»# 

#^2002-49383 
(P2002-49383A) 



(43)&IH a ¥J5fcl4*F 2 /i 15 B (2002. 2. 15) 





JT 1 




b 1 UL lo/UU 


nu o iVL 


//oil z# a j u o ** 


t f n o w *7 yon 
HO jM i/3U 


u I UL 


Q/M xvr 






y/ n nu 






^KBfTJK BiacJHv'JjKIt) U L, V3E 1U M/ 




(71)tH8A 


000002185 


(21)ttiK#^ »H2000-238892(P2000-238892) 






(22)tfHSB ¥^K12^8 H2B (2000.8.2) 




SckfSJft/IIKJfcayil 6 TB 7 «35# 




(72)3K!H# 


















(72)I8W# 








jtoKiMWiiEtfta/ii 6 ts 7 msnv=.~ 










(74)ft*lA 


100082740 






#a± Ha lis 



(54) K5iB©=feiH!3 5*W v>*;Wt^*i3il#i£> ^S^SR^n5<DiS»MWC^D^9AttirtttM*: 



(S7) [KM] 



TM 

Ill*- 1 



11 



10 



0 






011 






























12 


D12 






D14 


15 










**** 




13 














i . 






















1 




D13 







> OUT 



di« 



B1 t-f-ftfi^M©!* 



(2) 



±s&m±mmmicm-^>x±.mT ■< %>* 4 * 
fmo??* mm? & * ^ x#a#© t . 

Z)i>*-Tj*tm*:^mm'm?z c tic* o±tef : < 

*-?4 *fmz£.f&? *> ^mm&^m. lz&z-zzl 

f 4 xisnzmimmmcfm u . ztmrnmc: tic* 
om&zmm-r a c <t *#^iT-s«*is i we*©** 

<f4*m^*'pta<ti>. wfm<o&. m%i®<dj>rv 
ifsffittwsij&SfcS'^Tiia^., ^^ji/^-f 5 ^ * 30 

±iZ^2fttc97Zte.tt&Utc : mitt-e±:m3 : 4 %> 

zji*-?4 xfmz^m&w-rzc tic* k>±.§z? 4 
%>Z)\,*-T4*m^mik\s-<:ui>mcts.T : 4 i>z* 

7*4*mmmm®mmicftnzti. &&nm.m 
c l K^vw&mm sn^ci ztzmt ? z>m>m 5 

[ m>m 7 ] ±IBStt«^iJx 7- 9 rrr tt. JifB^ -f J? * 
W3t.U*£u i>ux fc£trM4K> 3 ocoM^JcStt i» 5 * 

s ti 6-c i «mi <t -r s w*im 5 (ctatso^ s> z 

stir u&^jfli&am^ti* c 4 *4$8u-r am* 
[«*S9] * , *s>*jw-* , .f ^m-sf^fc-rsTw 50 



^8320 02-493 8 3 
2 

>6 



is 

wxmt?2>74 vz)\,*-T4 tm^frhmwif -t t>* 
*fim$: ( £f&?z t iLm7 : 4 is*)i*~7 : 4 *m^£«R# 
±M&fe ; 7 : 4*j$)\>*~7 : 4 xm^vm&zmm-rzm 

[■MORI 0] ±IBS14*iJ3'mi8«. ilBf 1 ^ 



[ff*^i 2] 7 s s?***- f ^<i^»-rsf 

^ ^*;Hs^ffiKg©±IB^ia!iffi©^a'MgCicfflt,> 
**-<?4 *mm:4S<t2l}1t.£.&-7 4 4 

m&m 1 3 ] ±iastt*iJ3Ux r •> ^'-t?«. ±13^ ^ i> 
*)v*~--T4*m^mmMW.wicftm2n, &&mm 

1 2 ccta«s©^s^So 



(3) 

3 

IBtw * >M" - t* * *mn*£fe L "C & tffcfc 7= 

[m*m \ 6] mmt-rz^j *j*di>*- ?4*&mp 

i^emiJ3ft/c^fe«ca-3<,>r±is£t£7*./ 

Jiiaf 1 y s? z )i * - 7 s -r *fi^ i iia^f 5 -< v> % )i>* 
- ^ ^ *fm t jcs-^-cub * =j * icmm? z^mm 

[oooi] 20 

JgffctCligU U- h3 W?-£X«PCMCPlilse Code 
Modulation) &^Si^.WlCiSl>X 7* 4 V? ->Wt^(C*tO 

fflUTJifi§&&©T-&£. 
[0002] 

[fi£*©t£ffi] ae*. r -t is*)i>*~7 : j tfmz? -c 

»T^ae/ • 7>* • x-f yr* • V 4 ^£©{iffl1$1<fc 

[0003] *>3&^*->'^>^ij>^a-cii > a 

m,*htlX\.*i>. Z.<D£*>Wr 4i>*th7 4 A/Ztt.. if 40 
[0004] 

[f^aifSf&O^tTSISS] tew 

^ 'j > tfmm.<o¥ 4V>* ti>*- ? 4 *mm*. mm— 
-xmmicj; 1 x mmnftKtt u x f - *s*i&tefcia 

4 z>*)\>*-7 : 4 *m^mmmwK$mmtk$. *> 
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ffl 3 ft fc r - 3? L A / D ^&bJ©T * P - 

7*4 ^m^<ommcm^r^.m^txtc(DX{irj:^tc 

[000 5] ttc. ?>VJly!fmmSL<Dmii2>7 : 4V 

Tl>4«J. ip*>Zm&X-t>mB— Xf4 i>*to? 4)VZ 

?4i>%>\>*~? 4*m^<D?~ZVl/*7)\s1)yKM 
[0006 ] *^«^©*^ffiOT^3n/c*>© 

[0007] 

icmi*,>ry : 4i>$)i>*-y : 4*mn<D>? ; 7z.z:fm 

%&ftmZtotcZ^Xfctt&Ltc¥MttX-7 : 4>> 
HfrX-f 4 *<I^£^&-r J: ^ «: i tc J: 0 . 

[0008] 

[0009] m i tcisittx*-? 4 *m^&w&mi o 
nr«,»5„ h^jc. ^4 v%)i>*-7 : 4 ^<i^<b«. a 

[00 10] tf-TW^ft-SfMJiliSai Otc 

mm (ccDHts©^©©*^. ««i^.«6i?->^s<l^- 

o^t> 02CC7STSi±«^^«:J: , 3^©Stti'7X 
[0 0 1 1] -Ttj;t>*,m2t l C}$^X. yrmztitcmMA 

ri hx-^c i ) cDjc^jc^DW^n^-r^ 

x<D*tv7ifiiEx$>Z>me;> c<DW&i>"y** classo 
iL, ^S03tifc|g^AR2 (*U>h7 ; -fC2) © 
J: 5 (C^J K> m 3 ti/cMH?rt K-ep 9 u % *>t#k 
(C^U^hT 5 -* (C2) *JjE-C*-S^. CWffitti' 
CLASSl iO, 7>SU3n/c^AR4 (*U> H 



«CHfD^P^*i#ffi-rStft{C*b> b-f—Z (C4) 
3*ifc»*AR3 (*U>Ff-fC3) ©J^iCtfJ') 
X£ CLASS3 <iT£. 

[0 0 i 2 ] coxfcMc, ir-TA jr-7-*D 1 0©ffi 

TSCi^S. 10 
[0013] SIM'JSB 1 1 UAtt-T 4 * D 

©ttWPIite^ ( CLASSO. CLASS 1 , CLASS2XI* CLA 
SS3) iittf^Xf-SDl 1 tiyXZ^KftmWl 

[ooi4]**i. fvxtmm&mii 2\*xtim=f- 

T^iPhmteZtlltAJjt-rjl-r-ZD 1 o*. @ 

1 1 vm-is t mmv&fmm® < c ommvB 

*ftmL&^t~r&*- ?i d i 2^mm 20 

u cn^r^^x^gpi 4(c^i(i&T€.„ 
[0015] ^x^wsb 1 4 «. ? ^x^staajsn 1 

2{Cfcl>-CSJ9tt5i**lfc:fr-7 ; .f Xffl&f-ZV 1 2CC 

^IStf-T^tf&ff^-SD 1 2?:raiL,TlI 

)S®7 ; -^^-!tSf->?:^fiS-rSADRC (Adaptive Dynami 

c Range Coding) IsISSoBi. f—fl *&fcr : -2D 1 * 

DR=MAX-M 1 N+ 1 
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[00 16] ADRdBHfSgBtttf-^-f tf&ff^-^D 

J: 5 JtaWSff 5 C i tc<fc 0 y-c £ -^ffifi^-* *B&i 
?Z>. C©ADRC@S§g|5«. ®f&wa^b*?f^fe© 
tr-&>). ccttt, «#u^KDM0f^-'<f->*5S 

[0017] =w*#jk:«. ^--fY^wioeocDs 
c<omm<DBm<Di>7Xftmffl 1 4 -c«^©i*jgisK:gg:w 

im^-Z icttbx l v-j F©*^fc*Hffr-&£. 6 

2 s =64?5XK^at5i:imS„ 
[00 18] CCt\ ADRCHKSPi*, WQUiZtltc 

^**L. B^Hfca-K* Qit *£. 
[0019] 

MU ] 



Q= [ (L-MIN+ 0.5) x 2" /DR) 



U) 



[002 0] KftoT. M«rt©«^:fiMAX4«/hffi 30-X [002 1 ] C<D<fc 3<Cl/ty-f * 5 ? * U>£?T?iE* 



M I N£©HI*JS5£S*ifctf » hJOTWt&MNl/Cjt 
-*<t*fT9. fcto. ( 1 ) sttc*j»,>T { ) »*/JMBWa« 

±<D6~3<Dffi&7-2W. -tft-etiWiU* 8 tf? h (m 
= 8) rtSfiSStlTt^SiTS^ c.*l?>«:ADRC|5| 

ssa5{cteor-eti^n^2 1» htcffitgsns. 58 

class = X q t (2 r )» 

i — J 

[0023] itnktmnzmzfrzcticj:*). *<ozr 

X3y# <q, ~q, ) *5It5i'7^4^t^7^3- 40 
K class *HtW-J-4iftK, SUlHUSnA:^-^* 
igg&?-&D 1 2JCg-3< *5X3- F dass{C*tO 

tlfcf^Xn-F class' ^t^7^3-Ff-i!D 

i ^^tomr.**'./ 1 5(cmiB'r&. c©^5X3- 

F class ' tt, ^SiJ^&^^'J l-5«>6?jliflHK«ai» 

WT^©K*ttii/r Fuxtst. m&tz. (2) s:fc*$ 

» F$!9i!$T£StU C©HJfi©0^©JS^P=2-r'* 50 



(n=l~6) ttZt. 9?XlMMl.AKNith*\ 
^7*-3iq„ feasor, ycsc. 

[0022] 
[«2J 



(2) 



[0 02 4] COJc^tcL/T^ fyXftmSM 4l*?5 
XftMfflmffll 2K.imX\ij*-y : I 

H classi. ^--f'-/ trABr-ZD 1 
2©ffi£fc£'^X CLASSi?:^Ofc^5X3- Kf-? 
( class' ) D 1 4««U CMf»»*'J 1 
5K«I&T4. H^tC> *-f-/*!j^f-fD12* 
<Dh(D<D9 7X3- Fclassi. X-? 4 Xffl&f—Z 
D 1 2 *7X CLASS<t *«E^-T £ l/T'. f 

vxtmmi Aixmmtt-fj tm^-zD 1 2* 

©t>©Oi'7X3-F classfCffitt^X CLASS*#*I1 



J 
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[002 5] TOJflitty*'./ 1 54C«, S^Xa-F 

y ' = w i x i +w 2 x 2 + + w- 

[00283 i^mtmmmn^y *> c £ «:<t o . ^»j*s io 

-t 1 fD16i LX^WMMSl 1 6 *>6 tttfJ $ 

[0029] ^-^ .< jfn^ags i o omm 

c<D«t6^n -y zMitmmmt vx: c<om 
momi&ic *><- » x «@ 3 ic^t a > f ^ - a «ss®sia 

a^gl0«» ^BUS^ltCPUZl, ROM 
(Read Only Memory) 2 2 . "mm®.* 'J 1 5 ^Wlfrf 20 
•5 RAM (Random Access Memory) 1 5. RO'&dJ8gig|5# 

•en-en®gi$nyc^%*b. cpui iurom2 
sui i, z^xtmsmmssu 2. ^mimnmaa^ 1 

3 . 4"5X#SS|5 1 4SO'^?IJS«3P 16) i UXMi* 

■t &<k sicks nx^z. 

[0030] x-^h *mnam$m 1 0 ca** 
4. f-f f=-f z?^ffi&m.7 : -< xt>m<Dftmii& 30 
l> * » f k>- ^mmxit^m,WMt^aphm 1 ten* 

/C#. %mw&>&£titc7v?7Mcu-?xi>7?.ftm 

[003 1 ] a -If + F^v-^^^CDA** 

CPU 2 1 {C*tOT® 1 (C-oli-Ci^^fc^^X^ISM 
mzmtrZitZ. C<DWr&. *—fi ^ft-WI&g 1 40 
0 {if 1 - * AHWJSP2 7 ^0r^*(fiJ±3#<fc 5 <t 

-r-s^-^^^f 1 -* (a^-tw*^-* ) d io 

*:t-*d i Bzr-zAiUjj^izftuxM-mcm 
jiumzxt.'jiazztixKiz. 
[0032] H<&tc> i4«t-f^ xm-^zmma: 1 
oicfctta^^s^^o^^jiH^u 

r 4 tfSnHm^M. 1 0l«f f ^SPl 1 
a^UHCCA-Si. »W»^SP1 2iC*S<,>XAZ)* 50 



* [0026] ^«isi»giJ i 6w, ^mm»^mmui 3 

{CfcCi-CA^J^-^^^^-^D 1 0^6B#P^$AM^It? 

£ (^f'J*-*7 - ) D 1 3 (x, ~x„ ) i. 

[0 02 7] 
[&3] 



(3) 



* D 1 0©S14*@tt¥(MSI5 1 1 tc*$^r 



X D 

[0033] tamtam titcmmz*-?- -t -xim?- 

*>!> 1 2©*7;*#S£— mtmMlc?&tc#><Dt>x-$> 
cc*j c^r f 7 x^fflgp 1 4 tc <fc 0 ^ ^ jg^^- f 

Y*m^x^wm?Ls*<) 1 bfrttmmwLzm&to 

3 - FtcSrtit: lstc5>mW&*Wifr&? C t (c J; *) . CO 

[0034] V 1 5^<E>^m3tifc^a'J 

Xf^SP 1 4CC*»«,»r : RB»»»l 6<D^ 
9llitCll,^tl5. cn5c<fc0, A^^-^-r^f 1 - 
i'D 1 0«*c7)@tttcic;D/c^SiJ?Sl^t{CJ:'3. ^fai-T 

[0035] ^{C. S 1 Kol>t Ji^bfc^iiMiJ[y 

u 1 5 (cietg-r-5 * 5 x#©^sij{^tst©42 v f *^«e>^ 

^CC<t o xmZtctb<D¥WM$&lc-o^xmWT z>* 
[0 036]@5(CisW. ^g|518S3 0 «, &#f?CD 
^©^-^ ^ tf-fD30 «r^^-^*(S7 -/ ;U 3» 3 
7{C$^S. ^ft^^5c7^;U^3 7«. P^5lt^ 
Sm-^D 3 9 K J; 0 19:^3 titcffl*} -f 

*r- fD3o zmmmm \cm&v> zr^m i < <t 

[0 037].C©^, 4ttI^«7^^3 7(Cfc 

ctiKjec-cia©*-^ ^ ^m^ssg i o xnm 
T4 tmmummm. 1 o cc*$ur > 

^««^fiS7^^^3 7f«-9->y;>^ 
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^?^u£3 7r«r-*i^^£*&;*t»-£ra3i 

[0 03 8] A>< Ot, £6Hi-5f£sK:?^l>*3 7«t!t 
6j0 * - f^sf^-irao* 6Bf3£©IS3 I * Miltc J: *) £ 
fe*-^ ^t*- * D 3 7 t *i£gtt«J5iJSP 

31. ?7 X^Hg|JftitBSI5 3 2 R^ig'J<H»SUtttBgB 3 

3K:^n-en«if&-r.s„ 

[0039] mmmmm 1 w^ft^a*? ^ 3 

[004 0] ^bT«feW5iJS|53 ltt^fife*— f^*^ 
-*D37©C©£$#g(l;* txfc^raM«©S14#lJSlJM 
HISr^fig^-TW *T-$T>3 7©ffitt^7Xr : "3f D 

3 1 <bur^^^^-fflgp3 4^j&-rs„ 

[ 0 0 4 1 3 * 7*#Sgfl«lttlSB3 2 

D 3 7 &tt«J?l|SP3 1 ©Ji^i|5)filcDII#fg$I^t ( C 

it J: *) * ^x^fflb «fc ^iT**-^ 4 D 
3 2*»WU C*i**5**HMI$3 4iCttl&-rS. 
[004 2] *5-X#»g|53 4E;J:. ?5X#S»fflSi53 

2 iCfeUTtf)*) lliStltt*—?'* * : &B<r- * D 3 2 JC 
OUT. 3gfc*~7 r 4 2ti(&B? r --$D3 2&l£MO-CBE 
3®7^-£^£->££j&T5ADRC (Adaptive Dynami 
c Range Codinq) @8§oBi . ^-f^ tf&tJ&T*— * D 3 

[004 3] ADRCHWai!!*^-: r-f X'&B? - ** Q 

3 2<t*fl,"t\ m«8ti5>h)!i>f l 2t^KCElT5 
<* 5 £*Si#£fT 5 C <h iC<fc 9 # - >ffiSf- * 

C©ADRC@88g|5tt. »j£ffJfi^Ht£?7 5«i© 

-c&«3, ccttt, m^u^©^^^-:^)® 

l>IHt?tt^CC^-*-& ft*'** 
[ 0 0 4 4 ] MftmiCit. *-TH*mt±.<OG-o<DS 
LJc^i-r^tg^. 2 ,, <H>50*&ifc©*^XtC#§l 

0£W*itffc6-r. ®8S±©:flJH*fcfKStS. -ec-e. 
c©h«s©^m© * 5 x#»sp i 4 r-«-e©rtg|5(cis:t* 

6ti/cA D RC@SggB-c£j£3tt-5/-<*->EEi|©^- £ 

mtf-zicMLx i h©a^ft*i^f-r-5<fc. 6 
a. 2* =64^7^{c^a-rsct*sr#-s„ 
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[0 04 5] CCt, ADRC|5IJ{Sg|SW, WQMZtltc 

*<**L. lWka-PtQil/T, _B£© (1 ) JC<t 
|3J&©ijg|§Ut J: 0 . «Jg(rt©^AffiM AX i */JMiM I 
N£©JW£te;£3ft/<:bf-? hfi-c^tc^suotrs^b 

a*. ^timti8t> h (m = 8) rtgfiSsnTu 
si^si; cti^ttADRdagsgpfcfct^r-eti-en 

10 a*2 fcf* h{CEE*S3ti-6. 

[0 04 6] c©J:5K:it*-7 : ^«»©?'/ti 

£-€-*i^ftq n (n - 1~6) £-r£<i v 

3 4tei&W£ftfc?7X:n~Flfe£[IIS8g|S«. JBSSft 

fctf— ^Jf^-^q^ca-^c^r, Jd£© (2) 

(q, ~q, ) aaH-r^^X^m-r^X^- Fclas 
siMlU Steffi 3 *l/c* 7 Xri- Fclass 
W8IJSU3 l{C«tO©m3*l/cffit4^7X < CLASS0. c 
20 LASSl. CIASS2X« CLASS3 ) £3rtfc£Lfc&. ^IS 
S^ShTfti^^n- F class' 4«ti'7X3- 
Ff r -^D3 4*^SiJ^SLtBg|I3 6{C#tf6TS„ B«& 
(C (2) sSCCfcUT. nttJBBSttfc:*-^.* Xffl&r 
-£q„ ©&&3IU C©lfeS&©^©lg^n= 

i#^P= 2-CS)*,, 

[0 04 7] C0±^«CL-C. ?-5X#fflg|S3 4«::5'-5 
X3-Kf-^D3 4%Ml l cn^S)^^tHJg5 
3 6iC«i^T^. Sfc. ?IiJ&£fcl?tiJS»3 6fC«. ^5 
30 X=J-Ft 5 -^D34 lCttfcLtcmmWWM<D* -7^4 

(x, . x, . x. ) 

mMtmm&3 3ias^rm'o tusnr^sns. 

[0 0.4 8] ^8IJ^S[»tUa53 6 «. ?5Xftmm4 
foti>®]ie2tltc97Xzi- Fclass' <!:. 
Fclass «{C^ *) W 3 tl/c^- 7" A-ZWtW- *t D3 3 

[0 04 9] -rt£t>%, £.m*-7 : 4 *7*- ZD 3 7 <D 
n-^>^V©U-^;U4-etl-etlx 1 . x z . , x„ 

40 tor, -e-tietiicp t*-^ h©ADRc*tf-5/cii@*© 

S^t-r-^^rq, . •••••• . q„ C<D±S. C 

0«8Oi'7^3- Fclass' *±a© (2) 3£©J:5 

^D3 7©u^u?:'en-en. x, , x, x„ 

tV. ItfOW-f^f-fDSO©!/^^ 

w, . w„ CCj:-Sn^^^©^«l^*^T 

[0050] 
50 [K(4 3 
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y — w i xi +wi X: + + w „ 

[005 1 ] <bTS„ ^gfu«, w n *s*S^S[-C* 

[00 5 2] 3*g[5|8g3 0-e»> *9^3'-F«KC. 19 

y k - Wi 'Xm+W'i Xit2 + Wn 
[0054] #l££;*ft£o {ILk = 1. 2. Mf 

[0055]M>n(D^ ^S'J^Kw 1 , w„ » 

e k = y h "~ (Wi Xki+Wa Xm + - 

[0 05 7] CCi-?TSIlL (flU k = 1, 2. 
••\ M) . 
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x n (4) 

*^«*5M®fll^ ±i$<D (4) ^ 
[0 05 3 ] 



[«5] 

Xkn 

58 St 

[0056] 
[»6] 



(5) 



★ [005 8 ] 
[«7] 



M 

9 = S 
k- 0 



e \ 



(6) 



(7) 



[0059] **/jNK-rsTOj«»*jfc»a. 

[006 0] CCT, (7)SKJ:Sw„ ©jg^MA 

3e' m v d e n i m 

2 e k = S 2 x k i 



[006 1] 
[»8] ' 



3wi 



M 
k =0 



e k 



M 

= S 2 x., 



(i = l. 2 



n) 



[0062] * TOj {cr*J:5K:. gw, (n=l 
6 ) ZJfL&IMZMl,*. 
[0 06 3] *L-C. #SS. 



♦ [0064] 



M 



Xn — 2L> X p i • X P j 
p-o 



[0065] 



* * [«1 0] 



M 



Yi = S in - y» 

k-0 

[006 6] ©JrSCC. X t<> Y, 
(8) atttr5«*ffl<,»T^SC. 



5K [0 06 7 3 

(tin 



X ] i 


x,. 


X j n 




W i 




Y, 


X 2 1 


X 2 2 


X z n 




W« 




Y* 


X ml 


Xnj2****** 


X ok n 




Wn 




Y„ 



(8) 



(9) 



(10) 



(11) 



[006 8] i LXmZtiZo 

[0069] C©5?S«B. -OKiEM^g^il^tf *l 

[oo7o]^t©?sfflf-f mm*-?^*?- 

$Da0, F class ' . rf-^w *i&fl2r- 

£ D 3 3 ) ©A**HST ^J0HB#tH8P 3 6 » 

&2>5*3- F class ' (11) SCfC^UfciE 



6 fHi?nfc«flM ( D 3 6 Kfc^fiWHM * 

•j 1 5«c«#i&t*. 

[007 1 ] CCD J: 5 ?f^S*tf ofcIS*. TflHMR'^ 

^'JlStCtt. Ifftf-iiq, . q, 

50 rSJ^OTMfliM*. ^7^3- F«(CtHA3ti . 
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^-fi^n^gi 0(t*jc»-cfli<r»6#i*. 
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* NOTICES* 

Japan Patent Office is not responsible for any 
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LThis document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



CLAIMS 
[Claim(s)] 

[Claim 1] The digital-signal-processing equipment carry out having a prediction operation means 
generate a new digital audio signal [ come / by carrying out the prediction operation of the 
above-mentioned digital audio signal in the digital-signal-processing equipment which changes a 
digital audio signal by polar distinction means distinguish the polarity of the above-mentioned 
digital audio signal, class classification means classify the class of the above-mentioned digital 
audio signal based on the above-mentioned polar distinction result, and the prediction method 
corresponding to the class by which the classification was carried out / above-mentioned / in 
the above-mentioned digital audio signal / to change ] as the description. 

[Claim 2] The above-mentioned polar distinction means is digital-signal-processing equipment 
according to claim 1 characterized by dividing the above-mentioned digital audio signal into a 
time-axis field, and distinguishing the polarity for every division field. 

[Claim 3] The above-mentioned polar distinction means is digital-signal-processing equipment 
according to claim 1 characterized by carrying out a polar class division to three fields of the 
field where only a positive region contains the above-mentioned digital audio signal, and, as for it, 
only a negative region contains a zero cross at least. 

[Claim 4] The above-mentioned prediction operation means is digital-signal-processing 
equipment according to claim 1 characterized by using the prediction coefficient currently 
generated by study based on the digital audio signal beforehand considered as a request. 
[Claim 5] The digital-signal-processing approach of carrying out having the prediction operation 
step generate the polar distinction step which distinguishes the polarity of the above-mentioned 
digital audio signal, the class classification step into which the class of the above-mentioned 
digital audio signal classifies based on the above-mentioned polar distinction result, and a new 
digital audio signal [ come / by carrying out the prediction operation of the above-mentioned 
digital audio signal by the prediction method corresponding to the class by which the 
classification was carried out / above-mentioned / in the above-mentioned digital audio signal / 
to change ] in the digital-signal-processing approach of changing a digital audio signal as the 
description. 

[Claim 6] At the above-mentioned polar distinction step, the above-mentionied digital audio 
signal is the digital-signal-processing approach according to claim 5 characterized by being 
divided into a time-axis field and distinguishing the polarity for every division field. 
[Claim 7] Only for a positive region, at the above-mentioned polar distinction step, only a 
negative region is [ the above-mentioned digital audio signal ] the digital-signal-processing 
approach according to claim 5 that it is characterized by carrying out a polar class division to 
three fields of the field containing a zero cross, at least. 

[Claim 8] The digital-signal-processing approach according to claim 5 characterized by using the 
prediction coefficient currently generated by study at the above-mentioned prediction operation 
step based on the digital audio signal beforehand considered as a request. 
[Claim 9] In the study equipment which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal A student digital audio signal 
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generation means to generate the student digital audio signal which degraded the digital audio 
signal concerned from the digital audio signal considered as a request, A polar distinction means 
to distinguish the polarity of the above-mentioned student digital audio signal, A class 
classification means to classify the class of the above-mentioned student digital audio signal 
based on the polarity by which distinction was carried out [ above-mentioned ], Study equipment 
characterized by having a prediction coefficient calculation means to compute the prediction 
coefficient corresponding to the above-mentioned class based on the above-mentioned digital 
audio signal and the above-mentioned student digital audio signal. 

[Claim 10] The above-mentioned polar distinction means is study equipment according to claim 9 
characterized by dividing the above-mentioned digital audio signal into a time-axis field, and 
distinguishing the polarity for every division field. 

[Claim 11] The above-mentioned polar distinction means is study equipment according to claim 9 
characterized by carrying out a polar class division to three fields of the field where only a 
positive region contains the above-mentioned digital audio signal, and, as for it, only a negative 
region contains a zero cross at least. 

[Claim 12] In the study approach which generates the prediction coefficient used for the 
prediction operation of the above-mentioned transform processing of the digital-signal- 
processing equipment which changes a digital audio signal The student digital audio signal 
generation step which generates the student digital audio signal which degraded the digital audio 
signal concerned from the digital audio signal considered as a request, The polar distinction step 
which distinguishes the polarity of the above-mentioned student digital audio signal, The class 
classification step into which the class of the above-mentioned student digital audio signal is 
classified based on the polarity by which distinction was carried out [ above-mentioned ], The 
study approach characterized by having the prediction coefficient calculation step which 
computes the prediction coefficient corresponding to the above-mentioned class based on the 
above-mentioned digital audio signal and the above-mentioned student digital audio signal. 
[Claim 1 3] At the above-mentioned polar distinction step, the above-mentioned digital audio 
signal is the study approach according to claim 12 characterized by being divided into a time- 
axis field and distinguishing the polarity for every division field. 

[Claim 14] Only for a positive region, at the above-mentioned polar distinction step, only a 
negative region is [ the above-mentioned digital audio signal ] the study approach according to 
claim 1 2 that it is characterized by carrying out a polar class division to three fields of the field 
containing a zero cross, at least. 

[Claim 1 5] The program storing medium which makes digital-signal-processing equipment 
perform the program contain the prediction operation step which generates in the new digital 
audio signal which comes to change the above-mentioned digital audio signal by carrying out the 
prediction operation of the above-mentioned digital audio signal using the polar distinction step 
which distinguishes the polarity of a digital audio signal, the class classification step into which 
the class of the above-mentioned digital audio signal classifies based on the above-mentioned 
polar distinction result, and the prediction coefficient corresponding to the class by which the 
classification was carried out [ above-mentioned ]. 

[Claim 16] The student digital audio signal generation step which generates the student digital 
audio signal which degraded the digital audio signal concerned from the digital audio signal 
considered as a request, The polar distinction step which distinguishes the polarity of the above- 
mentioned student digital audio signal, The class classification step into which the class of the 
above-mentioned student digital audio signal is classified based on the polarity by which 
distinction was carried out [ above-mentioned ], The program storing medium which makes study 
equipment perform the program containing the prediction coefficient calculation step which 
computes the prediction coefficient corresponding to the above-mentioned class based on the 
above-mentioned digital audio signal and the above-mentioned student digital audio signal. 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1. This document has been translated by computer. So the translation may not reflect the original 
precisely. 
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3.1n the drawings, any words are not translated. 



DETAILED DESCRIPTION 



[Detailed Description of the Invention] 
[0001] 

[Field of the Invention] This invention relates to a program storing medium at the digital-signal- 
processing approach, the study approaches, and those equipment lists, and is a rate converter or 
PCM (Pulse Code Modulation). It applies to a program storing medium and is suitable for the 
digital-signal-processing approach of performing interpolation processing of data to a digital 
signal in decode equipment etc., the study approaches, and those equipment lists. 
[0002] 

[Description of the Prior Art] Before inputting a digital audio signal into digital one/analog 
converter conventionally, exaggerated sampling processing which changes a sampling frequency 
by several times the original value is performed. Thereby, the digital audio signal outputted from 
digital one/analog converter is made as [ eliminate / the phase characteristic of an analog anti- 
aliasing filter is kept constant in an audio frequency quantity region, and / the effect of the 1 
image noise of the digital system accompanying a sampling ]. 

[0003] In this exaggerated sampling processing, the digital filter of a linearity primary (straight 
line) interpolation method is usually used. Such a digital filter generates linear interpolation data 
in quest of the average value of two or more existing data, when a sampling rate changes or data 
are missing. 
[0004] 

[Problem(s) to be Solved by the Invention] However, although the amount of data has become 
precise several times to time amount shaft orientations by linearity linear interpolation as for the 
digital audio signal after exaggerated sampling processing, the frequency band of the digital audio 
signal after exaggerated sampling processing seldom changes to before conversion, and the tone 
quality itself has not improved. Furthermore, since the interpolated data were not necessarily 
generated based on the wave of the analog audio signal in front of A/D conversion, most its 
wave repeatability has not improved. 

[0005] Moreover, although the frequency was changed using the sampling rate converter when 
the digital audio signal from which a sampling frequency differs was dubbed, it was difficult to be 
able to perform only interpolation of linear data but to improve tone quality and wave 
repeatability with a linearity primary digital filter, also by this case. Furthermore, it is the same 
when the data sample of a digital audio signal is missing. 

[0006] This invention was made in consideration of the above point, and tends to propose a 
program storing medium in the digital-signal-processing approach which may improve the wave 
repeatability of a digital signal much more, the study approaches, and those equipment lists. 
[0007] 

[Means for Solving the Problem] Since this technical problem is solved, conversion which was 
adapted for the description of a digital audio signal much more can be performed by classifying 
the class of a digital audio signal in this invention based on the polarity of a digital audio signal, 
and having changed the digital audio signal by the prediction method corresponding to the 
classified class concerned. 
[0008] 
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[Embodiment of the Invention] About a drawing, the gestalt of 1 operation of this invention is 
explained in full detail below. 

[0009] In case the audio signal processor 10 raises the sampling rate of a digital audio signal 
(this is called audio data below) or audio data are interpolated in drawing 1 , it is made as 
[ generate / the audio data near a true value / class classification application processing ]. 
Incidentally, a digital audio signal means the sound signal showing the voice which people and an 
animal utter, the musical-sound signal showing the musical sound which a musical instrument 
emits, and the signal showing other sounds. 

[0010] That is, in the audio signal processor 10, the polar distinction section 1 1 distinguishes 
that polar class about the wave of each divided time domain concerned by the polar distinction 
approach shown in drawing 2 , after dividing into the field (it carries out to every the case of the 
gestalt of this operation, 6 [ for example, ], samples) for every predetermined time the input 
audio data D10 shown in drawing 2 supplied from the input terminal TIN. 

[001 1] Namely, when all the taps started like the divided field AR 1 (current data CI) in drawing 
2 are forward, This polar class While a zero cross exists in the field which set to CLASSO and 
was started like the divided field AR 2 (current data C2), when current data (C2) are forward, 
This polar class While a zero cross exists in the started field which set to CLASS1 and was 
started like the divided field AR 4 (current data C4), when current data (C4) are negative, This 
polar class When all the taps that set to CLASS2 and were started like the divided field AR 3 
(current data C3) are negative, it is this polar class. It is referred to as CLASS3. 
[0012] Thus, a phoneme in case the audio data D10 are near the zero level, and the phoneme in 
the large amplitude section are clearly distinguishable much more in the field of both 
positive/negative by setting up the polar class based on the polarity of the audio data D10. 
[0013] The polar distinction section 11 is supplied to the class classification section 14 by using 
as the polar class data D1 1 the polar distinction result (CLASSO, CLASS1, CLASS2, or CLASS3) 
searched for corresponding to the current data at this time of the input audio data D10. 
[0014] Moreover, by dividing into the same time domain as the case of polar distinction **** 11, 
the cases, for example, six samples, of the gestalt of this operation, the input audio data D10 
supplied from the input terminal TIN, the class classification section extract section 1 2 extracts 
the audio data point D12 which is going to carry out a class classification, and supplies this to 
the class classification section 14. 

[0015] The class classification section 14 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the audio data point D12 concerned, and generates a compression data pattern 
about the audio data point 012 started in the class classification extract section 12. It has the 
circuit section and the class code generating circuit section which generates the class code to 
which the audio data point D12 belongs. 

[0016] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the audio data point D12. Since this 
ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0017] When it is going to carry out the class classification of the six 8-bit data on an audio 
wave (audio data point), it must classify into a huge number 248 of classes, and, specifically, the 
burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six audio data points, six audio data points can be expressed with 6 bits, and it can 
classify into 26 = 64 class. 

[0018] Here, the ADRC circuit section is a degree type and [0019], when the data level of m and 
each audio data point is set to L and a quantization code is set [ the dynamic range of an audio 
wave in the started field ] to Q for this [ DR and / bit ratie ]. 
[Equation 1] 
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DR=MAX— M I N + 1 

Q= [(L-MIN+0.5) X2VDR) " (1) 

[0020] It is alike, and it follows and quantizes by dividing equally by the bit length which had 
between the maximum MAX in a field, and the minimum values MIN specified. In addition, in (1) 
type, t } means the cut-off processing below decimal point In this way, supposing six data points 
on an audio wave consist of 8 bits (m= 8), for example, respectively, as for these, each will be 
compressed into 2 bits in the ADRC circuit section. 

[0021] Thus, if the audio data point normalized and compressed with the dynamic range is set to 
qn (n=1-6), respectively, the class code generating circuit section prepared in the class 
classification section 1 4 is the compressed audio data point qn. It is based and is a degree type 
and [0022]. 
[Equation 2] 

class = S Qi (2 0 1 (2) 

i - 1 

[0023] Class code class which shows the class to which the block (q1 -q6) belongs by being 
alike and performing the shown operation Class code based on the computed audio data point 
D12 concerned while computing It is an above-mentioned polar class to class. The class code 
concerned integrated after unifying CLASS The class code data D14 showing class' are supplied 
to the prediction coefficient memory 1 5. This class code class ' shows the read-out address at 
the time of reading a prediction coefficient from the prediction coefficient memory 1 5. 
Incidentally it is the audio data point qn into which n was compressed in (2) types. A number is 
expressed and, in the case of the gestalt of this operation, it is n= 6, and P expresses bit 
assignment and, in the case of the gestalt of this operation, is P= 2. 

[0024] Thus, the class classification section 14 is the class code of audio data-point D12 
themselves started from the input audio data D10 in the class classification section extract 
section 12. class and polar class of the audio data point D12 The class code data (class') D14 
which unified CLASS are generated, and this is supplied to the prediction coefficient memory 15. 
Incidentally, it is the polar class of the class code class of audio data-point D12 themselves, and 
the audio data point D12. As an approach of unifying CLASS, the class classification section 14 
is the class code of for example, audio data-point D12 themselves. It is a polar class to class. 
These can be unified by adding CLASS. 

[0025] Set w1 -wn of the prediction coefficient which the set of the prediction coefficient 
corresponding to each class code iis memorized to the address corresponding to a class code by 
the prediction coefficient memory 1 5, respectively, and is memorized to the address 
corresponding to the class code concerned based on the class code data D14 supplied from the 
class classification section 1 4 It is read and the prediction operation part 1 6 is supplied. 
[0026] The prediction operation part 16 is the audio data point (prediction tap) D13 (x1 -xn) 
which was started in the time-axis field from the input audio data D10 in the prediction operation 
part extract section 13 and which is going to carry out a prediction operation, and prediction 
coefficient w1 -wn. It receives and is a degree type [0027]. 
[Equation 3] 

y ' = Wl X 1 + W2 X 2 + + Wn x n (3) 

[0028] Prediction result y' is obtained by being alike and performing the shown sum-of-products 
operation. This forecast y' is outputted from the prediction operation part 16 as audio data D16 
with which tone quality has been improved. 

[0029] In addition, although functional block mentioned above about drawing 1 as a configuration 
of the audio signal processor 10 was shown, the equipment of a computer configuration shown in 
drawing 3 in the gestalt of this operation as a concrete configuration which constitutes this 
functional block is used. In drawing 3 namely, the audio signal processor 10 It has RAM (Random 
Access Memory)15 which constitutes CPU21, ROM (Read Only Memory)22, and the prediction 
coefficient memory 15 through Bus BUS, and the configuration to which each circuit section was 
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connected, respectively. By performing the various programs stored in ROM22, CPU11 It is made 
as [ operate / as each functional block (the polar distinction section 1 1 , the class classification 
section extract section 12, the prediction operation part extract section 13, the class 
classification section 14, and prediction operation part 16) mentioned above about drawing 1 ]. 
[0030] Moreover, it has the removable drive 28 which reads information from external storage, 
such as the communication link interface 24 and floppy disk which communicate between 
networks, and a magneto-optic disk, to the audio signal processor 10, each program for 
performing class classification application processing mentioned above about drawing 1 from a 
network course or external storage can be read to the hard disk of a hard disk drive unit 25, and 
class classification adaptation processing can also be performed according to ****** and the 
read program concerned. 

[0031] A user performs class classification processing mentioned above about drawing 1 to 
CPU21 by inputting various commands through the input means 26, such as a keyboard and a 
mouse. In this case, after the audio signal processor 10 inputs the audio data (input audio data) 
D10 which are going to raise tone quality through the data I/O section 27 and performs class 
classification application processing to the input audio data D10 concerned, it is made as 
[ output / through the data I/O section 27 / the audio data D16 whose tone quality improved / 
outside ]. 

[0032] Incidentally, drawing 4 shows the procedure of the class classification adaptation 
processing in the audio signal processor 10, and if the audio signal processor 10 goes into the 
procedure concerned from a step SP 11, it will compute the polarity of the input audio data D10 
in the polar distinction section 1 1 in the continuing step SP 1 2. 

[0033] This computed polarity is also that for ensuring the class classification of the OTIO data 
point D12 much more, and the audio signal processor 10 carries out the class classification of 
the audio data point D12 based on the audio data point D12 and the polar class D1 1 in a step SP 
13 by the class classification section 14. And the audio signal processor 10 reads a prediction 
coefficient from the prediction coefficient memory 1 5 using the class code obtained as a result 
of the class classification. This prediction coefficient corresponds for every class by study 
beforehand, and is stored, and the audio signal processor 10 can use the prediction coefficient 
corresponding to the description of an audio wave at this time by reading the prediction 
coefficient corresponding to a class code. 

[0034] The prediction coefficient read from the prediction coefficient memory 15 is used for the 
prediction operation of the prediction operation part 16 in a step SP 14. Thereby, the input audio 
data D10 are changed into the audio data D16 considered as a request by the prediction 
operation according to the polarity. In this way, the input audio data D10 are changed into the 
audio data D16 with which the tone quality has been improved, and the audio signal processor 10 
moves to a step SP 15, and ends the procedure concerned. 

[0035] Next, the study circuit for obtaining beforehand the set of the prediction coefficient for 
every class memorized to the prediction coefficient memory 1 5 mentioned above about drawing 
1 by study is explained. 

[0036] In drawing 5 , the study circuit 30 receives the teacher audio data D30 of the quality of 
loud sound in the student signal generation filter 37. The student signal generation filter 37 is 
made as [ lengthen / the teacher audio data D30 / for every predetermined time / at the rate of 
infanticide set up by the rate setting signal D39 of infanticide / between predetermined 
samples ]. 

[0037] In this case, the prediction coefficient generated changes with rates of infanticide in the 
student signal generation filter 37, and the audio data reproduced with the above-mentioned 
audio signal processor 10 according to this also differ. For example, when it is going to improve 
the tone quality of audio data by making a sampling frequency high in the above-mentioned audio 
signal processor 10, infanticide processing which reduces a sampling frequency is performed with 
the student signal generation filter 37. Moreover, when aiming at improvement in tone quality by 
compensating the data sample which lacked the input audio data D10 in the above-mentioned 
audio signal processor 10 to this, according to this; it is made as [ perform / infanticide 
processing made to lack a data sample ] with the student signal generation filter 37. 
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[0038] In this way, the student signal generation filter 37 generates the student audio data D37 
by predetermined infanticide processing from the teacher audio data 30, and supplies this to the 
polar distinction section 31 , the class classification section extract section 32, and the 
prediction operation part extract section 33, respectively. 

[0039] After the polar distinction section 31 divides into the field (it carries out to every the 
case of the gestalt of this operation, 6 [ for example, ], samples) for every predetermined time 
the student audio data D37 supplied from the student signal generation filter 37, as that polar 
class was mentioned above about drawing 2 , it is classified about the wave of each divided time 
domain concerned. 

[0040] And the polar distinction section 31 supplies the polar distinction result of the time 
domain divided at this time of the student audio data D37 to the class classification section 34 
as polar class data D31 of the student audio data D37. 

[0041] Moreover, by dividing into the same time domain as the case of the polar distinction 
section 31, the cases, for example, six samples, of the gestalt of this operation, the student 
audio data D37 supplied from the student signal generation filter 37, the class classification 
section extract section 32 extracts the audio data point D32 which is going to carry out a class 
classification, and supplies this to the class classification section 34. 

[0042] The class classification section 34 is ADRC (Adaptive Dynamic Range Coding) which 
compresses the audio data point D32 concerned, and generates a compression data pattern 
about the audio data point D32 started in the class classification extract section 32. It has the 
circuit section and the class code generating circuit section which generates the class code to 
which the audio data point D32 belongs. 

[0043] The ADRC circuit section forms pattern compressed data by performing an operation 
which is compressed into 2 bits from 8 bits as opposed to the audio data point D32. Since this 
ADRC circuit section can perform accommodative quantization and can express the local 
pattern of signal level efficiently by the short word length here, it is used for code generating of 
a class classification of a signal pattern. 

[0044] When it is going to carry out the class classification of the six 8-bit data on an audio 
wave (audio data point), it must classify into a huge number 248 of classes, and, specifically, the 
burden on a circuit increases. So, in the class classification section 14 of the gestalt of this 
operation, a class classification is performed based on the pattern compressed data generated in 
the ADRC circuit section prepared in that interior. For example, if 1-bit quantization is 
performed to six audio data points, six audio data points can be expressed with 6 bits, and it can 
classify into 26 = 64 class. 

[0045] Here, the ADRC circuit section sets [ the dynamic range of an audio wave in the started 
field ] a quantization code to Q for this [ DR and / bit rate ], setting the data level of m and 
each audio data point as L, and quantizes by dividing equally by the bit length which had between 
the maximum MAX in a field, and the minimum values MIN specified by the same operation as 
above-mentioned (1) type. In this way, supposing six data points on an audio wave consist of 8 
bits (m= 8), for example, respectively, as for these, each will be compressed into 2 bits in the 
ADRC circuit section. 

[0046] Thus, if the audio data point normalized and compressed with the dynamic range of an 
audio wave is set to qn (n=1-6), respectively The class code generating circuit section prepared 
in the class classification section 34 Based on the compressed audio data point qn, by 
performing the same operation as above-mentioned (2) types Class code class which shows the 
class to which the block (q1 -q6) belongs It computes. The computed class code class 
concerned After unifying the polar class (C LASSO, CLASS1, CLASS2, or CLASS3) computed by 
the polar distinction section 31, The class code concerned which it comes to unify The class 
code data D34 showing class' are supplied to the prediction coefficient calculation section 36. 
Incidentally it is the audio data point qn into which n was compressed in (2) types. A number is 
expressed and, in the case of the gestalt of this operation, it is ri= 6, and P expresses bit 
assignment and, in the case of the gestalt of this operation, is P= 2. 

[0047] Thus, the class classification section 34 generates the class code data D34, and supplies 
this to the prediction coefficient calculation section 36. Moreover, the audio data point D33 (x1, 
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x2 xn) of the time-axis field corresponding to the class code data D34 is started and supplied 

to the prediction coefficient calculation section 36 in the prediction operation part extract 
section 33. 

[0048] class code class' to which the prediction coefficient calculation section 36 was supplied 
from the class classification section 34, and each class code class every — a normal equation is 
stood using the started audio data point D33 and the teacher audio data D30 of the quality of 
loud sound supplied from the input edge TIN. 

[0049] namely, the level of n sample of the student audio data D37 — respectively — x1, x2, 

xn ****** — the quantization data of the result of having been alike, respectively and having 
performed p-bit ADRC — q1, .., qn ** — it carries out. At this time, class code class* of this 

field is defined like above-mentioned (2) types. And they are x1, x2 , xn about the level of the 

student audio data D37 as mentioned above, respectively. When it carries out and level of the 
teacher audio data D30 of the quality of loud sound is set to y, they are a prediction coefficient 
w1, and w2, ... wn for every class code. The linearity presumption type of n tap to depend is set 
up. It is this A degree type and [0050] 
[Equation 4] 

y=Wl Xl + Wa X 2 +' + W„ Xn (4) 

[0051] It carries out. Before study, it is wn. It is an undetermined coefficient. 

[0052] In the study circuit 30, it learns to two or more audio data for every class code. When a 

data measurement size is M, above-mentioned (4) types are followed, and it is a degree type and 

[0053]. 

[Equation 5] 

y k — Wl Xfci+W2 X*2 + Wn Xkn (5) 

[0054] It ******. however, k= — 1 , 2, and .... it is M. 

[0055] In M>n, they are a prediction coefficient wl and ....wn. Since it is not decided uniquely, it 
is the element of the error vector e A degree type and [0056] 
[Equation 6] 

e k =yk — {wi Xki+wa xu + Wn x* n } (6) 

[0057] It is defined as alike (however, k= 1 f 2, M), and is a degree type and [0058]. 

[Equation 7] 



[0059] It asks for the prediction coefficient made into min. It is a solution method by the so- 
called least square method. 

[0060] wn according to (7) types here It asks for a partial differential coefficient. In this case, a 
degree type, [0061] 
[Equation 8] 
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[0062] What is necessary is just to calculate each wn (n=1-6) so that it may be made "0. 
[0063] And a degree type, [0064] 
[Equation 9] 

Xn^Expi-Xp) (9) 



p-o 
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[0065] 

[Equation 10] 
Y i = E Xm 

k-0 



y * 



(10) 



[0066] ** — like — Xij and Yi if a definition is given — (8) types — a matrix — using — a 
degree type and [0067] 
[Equation 1.1] 
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[0068] It is expressed by carrying out. 

[0069] Generally this equation is called the normal equation. In addition, it is n= 6 here. 
[0070] the normal equation having shown the prediction coefficient calculation section 36 at 
above-mentioned (11) ceremony at each class code class ' after the input of all the data for 
study (the teacher audio data D30, class code class \ audio data point D33) was completed — 
standing — this normal equation — sweeping out — general matrix solution methods, such as 
law, — using — every — Wn ******** — it solves and a prediction coefficient is computed for 
every class code. The prediction coefficient calculation section 36 writes each computed 
prediction coefficient (D36) in the prediction coefficient memory 15. 

[0071] As a result of performing such study, in the prediction coefficient memory 15, they are 

the quantization data ql , q6. The prediction coefficient for presuming the audio data y of the 

quality of loud sound is stored for every class code for every pattern specified. This prediction 
coefficient memory 15 is used in the audio signal processor 10 mentioned above about drawing 
1 . By this processing, study of the prediction coefficient for creating the audio data of the 
quality of loud sound from the usual audio data according to a linearity presumption type is 
completed. 

[0072] Thus, the study circuit 30 can generate the prediction coefficient for the interpolation 
processing in the audio signal processor 10 in consideration of extent which performs 
interpolation processing in the audio signal processor 10 by performing infanticide processing of 
the teacher audio data of the quality of loud sound with the student signal generation filter 37. 
[0073] The audio signal processor 10 is the class code of the audio wave itself by normalizing 
[ in / on the above configuration and / ADRC processing of the class classification section 14 ] 
an audio wave with the dynamic range, class is obtained. In this case, in the large amplitude 
section near the zero level of an audio wave, if a class classification is performed by the result 
which phonemes differ in many cases and was only normalized with the dynamic range, even if it 
is a different phoneme from the first, it may be regarded as the same class. Therefore, at the 
class classification section 14, it is the class code of the audio wave itself. Polar class of an 
audio wave [ class ] CLASS is unified and it is a class code. Class code obtained from the audio 
wave itself by computing class' and using for a prediction operation by making this into a class 
classification result Even when class becomes the same class, according to the polar class of an 
audio wave, a class classification can be carried out certainly. 

[0074] for example, polar class CLASS0 — or — when it is CLASS3, all the values of the audio 
data point by which this was started are forward or negative — namely, it is the wave part of the 
large amplitude comparatively — expressing — **** — moreover, polar class CLASS 1 — or — 
when it is CLASS2, this is a wave in which the started audio wave contains the zero cross 
section, forward, or negative — That is, it expresses that it is a wave part near the zero level 
comparatively, and the class classification section 14 is the class code of the audio data point 
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itself about this polar class. By unifying to class and performing a class classification A different 
phoneme can be classified as a different class code. 

[0075] According to the above configuration, the input audio data D10 are convertible for the 
audio data D16 of the quality of loud sound much more by carrying out the class classification of 
the input audio data D10 using the polar class of the input audio data D10, and having been made 
to carry out a prediction operation using the prediction coefficient based on the result 
concerned by which the class classification was carried out. 

[0076] In addition, although the case where the input audio data D10 and D37 were always cut 
down for every fixed range by the class classification section extract sections 12 and 32 and the 
prediction operation part extract sections 13 and 33 was described in the audio signal processor 
10 and study equipment 30 in the gestalt of above-mentioned operation As this invention is 
shown in drawing 6 and drawing 7 which attach and show the same sign to a corresponding point 
not only with this but drawing 1 and drawing 5 It is based on the polar class computed in the 
polar distinction sections 11 and 31. The extract control signals CONT1 1 and CONT31 
Adjustable class classification section extract section 12\ You may make it control the logging 
range of the input audio data D10 and D37 (tap) by supplying adjustable prediction operation part 
extract section 1 3' and adjustable class classification section extract section 32\ and adjustable 
prediction operation part extract section 33'. 

[0077] in this case, the polar distinction sections 11 and 31 — polar class CLASS0, CLASS1, 
and CLASS2 — and — Only as for the straight polarity by lengthening the logging length of a tap 
too much, by starting based on the frequency of CLASS3 and controlling the range (logging 
length of a tap), only negative polarity can prevent the fall of the classification frequency to 
(CLASS3) (CLASS0). 

[0078] In this case, what is necessary is just to make it insert the processing step SP 21 which 
controls the tap extract field in adjustable class classification section extract section 12\ 32' 
and adjustable prediction operation part extract section 1 3\ and 33 f based on the distinguished 
polarity concerned, next the transform-processing procedure of audio data is the step SP 1 2 
which distinguishes the polarity of an audio wave, as shown in drawing 8 which attaches and 
shows the same sign to a corresponding point with drawing 4 . 

[0079] moreover, the gestalt of above-mentioned operation — setting — as a polar class — four 
polar classes CLASS0, CLASS1, and CLASS2 — and — Although the case where CLASS3 was 
formed was described, you may make it classify this invention into three polar classes of a 
forward field, and a negative field and the field containing a zero cross altogether not only in this 
but altogether. 

[0080] moreover, the result of in short having learned this invention not only in this although the 
case where the technique by linearity primary was used as a prediction method was described in 
the gestalt of above-mentioned operation — using — it makes — ****ing — for example, — 
many — various prediction methods, such as technique by degree function, are applicable. 
[0081] moreover — although the case where ADRC generated a compression data pattern in the 
class classification section 14 was described in the gestalt of above-mentioned operation — this 
invention — not only this but reversible coding (DPCM:Differrential Pulse Code Modulation) Or 
vector quantization (VQ:Vector Quantize) etc. — you may make it use a compression means 
[0082] Moreover, in the gestalt of above-mentioned operation, although the case where a 
predetermined measurement size was thinned out from the teacher audio data D30 in the 
student signal generation filter 37 of the study circuit 30 was described, this invention can apply 
other various approaches, such as reducing not only this but the number of bits. 
[0083] 

[Effect of the Invention] According to this invention, conversion which was adapted for the 
description of a digital audio signal much more can be performed as mentioned above by 
classifying the class of a digital audio signal based on the polarity of a digital audio signal, and 
having changed the digital audio signal by the prediction method corresponding to the classified 
class concerned. 
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* NOTICES * 

Japan Patent Office is not responsible for any 
damages caused by the use of this translation. 

1 This document has been translated by computer. So the translation may not reflect the original 
precisely. 

2.**** shows the word which can not be translated. 
3.1n the drawings, any words are not translated. 



DESCRIPTION OF DRAWINGS 
[Brief Description of the Drawings] 

[Drawing 1] It is the block diagram showing the configuration of the digital-signal-processing 
equipment by this invention. 

[Drawing 2] It is the signal waveform diagram with which explanation of polar distinction is 
presented. 

[Drawing 3] It is the block diagram showing the configuration of an audio signal processor. 
[Drawing 4] It is the flow chart which shows an audio signal transform-processing procedure. 
[Drawing 5] It is the block diagram showing the configuration of the study equipment by this 
invention. 

[Drawing 6] It is the block diagram showing the gestalt of other operations of digital-signal- 
processing equipment. 

[Drawing 7] It is the block diagram showing the gestalt of other operations of study equipment. 
[Drawing 8] It is the flow chart which shows the audio signal transform-processing procedure by 
the gestalt of other operations. 
[Description of Notations] 

10 [ .. A prediction coefficient memory, 16 / .. Prediction operation part, 36 / The prediction 
coefficient calculation section, 37 / .. Student signal generation filter. ] .... 1 1 An audio signal 
processor, 31 ..14 The polar distinction section, 34 .. The class classification section, 15 
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